Abstract-An automated system for frequency response measurement is presented. The method is based on the Fourier analysis limited to the first harmonic. Methods for the horizontal and vertical scale choice that provide maximal resolution are described. The algorithm that processes waveform samples is described. Application of the method is illustrated in four examples, two voltage gain and two impedance frequency response measurements, covering electrical and electromechanical systems, with lumped and distributed parameters. The system is capable to reveal parasitic effects, such as equivalent series resistance of inductors and electrolytic capacitors. The system is entirely based on free software. Software that implements the method is made freely available.
I. INTRODUCTION
Frequency response of a linear system contains essential information about the system behavior, and may be used for the system characterization, parameter identification, and designing a feedback loop. Bode plots, as well as the Nyquist plot, are examples of visualization methods for the frequency response, designed to meet specific needs, to shape the loop gain or to analyze the system stability. Although elementary and routine task, measuring frequency response of a linear system is a tedious job. For a number of frequency points it is necessary to measure the amplitude gain, which reduces to measurement of amplitudes of two signals, at the system input and at the system output, and the phase difference between the signals. The measurements are time consuming, monotonous, and prone to error. Automated frequency response measurements are possible by network analyzers, however such equipment is usually expensive and optimized to support high frequency measurements, which is not always necessary, like in the case of a control loop design where low frequency behavior is usually sufficient to model the process adequately.
Aim of this paper is to present an automated system for frequency response measurement based exclusively on free software tools. Developed software, being described in this paper, is also made available as free software, at download locations specified in the reference list. Required hardware includes a waveform generator and a digital oscilloscope, both with implemented features for an external computer control, either via serial, USB or Ethernet port, applying SCPI commands [1] .
II. THE SYSTEM
The system proposed in this paper is presented in Fig. 1 , and it consists of standard laboratory equipment: waveform generator Agilent 33220A [2] , digital oscilloscope Tektronix TBS 1052B-EDU [3] , and a personal computer with Ubuntu 16.04 LTS operating system. The waveform generator and the oscilloscope are supplied with a USB communication port, and support SCPI commands and USBTMC protocol [4] to provide smooth communication with a personal computer that provides the data processing. Basic idea was to design a system in which the computer assigns the frequency and the amplitude of the sinusoidal waveform to the signal generator, collects the samples from the oscilloscope, and performs the necessary calculations. All of the system components can be observed in Fig. 1 , photographed during measurements of the transmission line transfer function, discussed in Section IV-D.
The proposed system may be utilized for transmittance measurements, using a configuration depicted in Fig. 2 , and for immittance measurements, using configuration shown in Fig.  3 . In transmittance measurements, only voltage transfer functions would be considered here, but with appropriate current probes the system might be extended for the remaining three transmittance types. In immittance measurements, resistor R in the circuit of Fig. 3 is the reference resistor, used to compute the current according to
and the immittance is computed processing the waveforms of v 2 and i, as described in Section III-A.
III. THE SOFTWARE
Essential part of the system is the software, which integrates standard laboratory equipment into the frequency response measurement system. Requirement imposed was to apply only free software tools [5] , so Ubuntu 16.04 LTS is chosen for the operating system, Python [6] is chosen for the programming language, being supported with appropriate modules, some of which designed by the author for this and similar purposes.
A. The Algorithm
When amplitude and phase response are being measured manually, very few waveform samples are involved in the process. Theoretically, to measure the amplitude two samples are needed, the minimum and the maximum of the waveform, and to determine a zero crossing another two. In theory, only four samples per signal are involved in the process, so the process is noise sensitive. An attempt to automate such algorithm provides poor results for the amplitude measurement, since measured amplitude is always greater than the actual value due to the noise. Even worse situation is with the search of the waveform zero crossings, several of them might be found within one period, again due to the presence of noise. When an operator performs the measurement, some "visual filtering" is provided, being somewhat arbitrary and operator sensitive. Having significant computational power available, a specific algorithm that involves all signal samples over about one period is developed, being based on computing the waveform fundamental harmonic amplitude and phase. 1) Selecting the Time Scale and the Number of Samples: The first step in the algorithm is to determine the oscilloscope time scale such that one period of the observed signal, labeled T 0 fits within the time span covered in one screen, T S .
Frequency of the signal, f 0 = 1/T 0 is set to the waveform generator in the main program loop for each point where the frequency response is being measured, and values of f 0 and T 0 are known within the accuracy of the waveform generator. The value of T S is available in discrete quanta determined by the oscilloscope. The oscilloscope screen spans over 10 div, and available values of T S , T S, k = 10 div × t S, k are ten times greater then the set time scale t S, k , the time covered by one division of the oscilloscope screen. The oscilloscope used in this application [3] has the time scale settings with ratios 1 : 2.5 : 5 : 10 over decade, and the greatest ratio between the two subsequent time spans is 2.5. The time scale of the oscilloscope is determined by the lowest vaule of T S, k which satisfies T 0 ≤ T S, k .
While the sample data are being acquired, one screen is covered by N S = 2500 samples by the applied oscilloscope [3] . Out of these samples, the number of samples covering one signal period the closest is given by
and n S signal samples are used in the computation. For the oscilloscope [3] parameters, the range of n S possible values is 1000 < n S ≤ 2500, and dependence of n S on the signal frequency is plotted in Fig. 4 for 20 Hz ≤ f 0 ≤ 20 MHz. Selected value of T S, k results in the sampling period of
The number of samples per period, n S , computed according to (2) , would miss actual signal period within 1 2 ∆T margin. In given setup, influenced by [3] , the mismatch is within
2) Autorange of the Vertical Axes: After the time scale is selected, the next task is to set the scales for the vertical axes, for both of the channels. To cancel the phase shift introduced by channel amplifiers of the oscilloscope, it would be the best to have the same vertical scale for both of the axes. However, regarding a huge range of values that frequency responses usually cover, this recommendation is neglected, and the range of vertical axes is chosen to obtain the best resolution, assuming that the frequency is low enough to neglect the oscilloscope amplifier non-ideal frequency response. This task is achieved by measuring the waveform peak-to-peak value. If the peak-to-peak value is greater than 8 div, the scale value is increased till the lowest scale that places the waveform within the 8 div span is selected. This task is performed iteratively, since the peak-to-peak measurement saturates if the waveform value exceeds about 25% of the screen, and is not precise in the case the scale value is too high. If the scale is too high, it is increased till the lowest scale that places the waveform within 8 div span is selected. In this process, it is essential to allow the oscilloscope enough time to measure the peakto-peak value. In this manner, the highest possible resolution of the vertical scale is obtained using the coarse settings. Fine scale settings are possible, but the set of available values would again be discrete, reducing the task to the same algorithm with different parameters.
3) Data Acquisition and Processing: After the scales have been set, the data is acquired, and n S samples per channel are obtained. At first, let us consider transmittance frequency response measurement, where at the input channel CH1 samples x k , k ∈ {0, . . . n S − 1} are obtained, as well as the output channel CH2 samples y k , k ∈ {0, . . . n S − 1}. Since the number of samples is determined according to (2) , weight functions
and
are computed. The cosine component of CH1 is obtained as
while the sine component is obtained as
Amplitude of the signal at the first channel is obtained as
while the phase is obtained as
using the arctan2 function [7] implemented in the numpy module [8] . The same computations are performed on the output sequence, y k . After the Fourier analyses have been performed at both of the sequences, the absolute value of the transfer function is obtained as:
and the phase is formally obtained as
Since −π < ϕ x , ϕ y ≤ π the value of ϕ H obtained by (11) is in the range −2 π < ϕ H ≤ 2 π, and to reduce the value to common (−π, π] range a phase adjustment is performed, defining
and reducing the value applying
For immittance measurement, in the case of impedance measurement the output sequence is the voltage value taken at CH2, y k = v 2, k . The current waveform is computed according to (1) , and x k = i k . For admittance measurement, x k and y k sequences swap. The rest of the process is the same as for the transmittance measurement.
B. Supporting Modules
To facilitate data acquisition and computation, several Python modules are used, some of them created by other people, some of them created by the author of this paper. To control time, module time [9] from Python standard library is used. Computations are performed using PyLab [10] module, which imports other modules, like NumPy [8] , creating a complete numeric computation environment. To communicate with instruments, usbtmc module [11] is used. Since the author experienced some difficulties with usbtmc module installation, a script that installs the module is created and made freely available [12] . Communication with oscilloscope is performed using oscusb module [13] , while for effective presentation of data during the measurement process engineeringnotation module [14] is used.
IV. EXPERIMENTAL EXAMPLES
To illustrate application of the proposed method, several systems are being subjected to frequency response measurement, and the results are presented here.
A. Transfer Function of an RLC Circuit
As the first example, consider an RLC circuit shown in Fig. 5 where R = 100 Ω, L = 10 mH, and C = 10 nF. The frequency response of the circuit transfer function is presented in Fig. 6 , where resonance at expected frequency of about 16 kHz is observed. At low frequencies, below 1 kHz, the frequency response deviates from theoretically predicted due to the inductor series resistance. The resistance might be determined from the amplitude response which levels at −25 dB at low frequencies, which corresponds to the inductor series resistance of about 5.6 Ω, which is the value measured by an ohmmeter. Fig. 5 . RLC bandpass filter. 
B. Impedance of an Electrolytic Capacitor
As the second example, consider impedance of an electrolytic capacitor of C = 470 µF. The impedance frequency response is presented in Fig. 7 , and at low frequencies it corresponds to the expected capacitor frequency response of the nominal capacitance value. In the frequency range of 20 kHz < f 0 < 200 kHz the equivalent series resistance dominates the impedance frequency response. According to the impedance value where the amplitude response levels, the equivalent series resistance is estimated as 0.3 Ω. At frequencies higher than 200 kHz the frequency response is dominated by the equivalent series inductance with the value in the order of 0.1 µH.
C. Impedance of a Loudspeaker
The third example considers a loudspeaker, which is an electromechanical system. Frequency response of the loudspeaker impedance is presented in Fig. 8 . Effects of the membrane resonance on the input impedance are visible around the frequency of 150 Hz. Some higher order resonance effect are visible somewhat above 10 kHz, which is a repeatable result observed at several loudspeakers.
D. Fransfer Function of a Transmission Line
As the final, fourth example, consider an open transmission line and its voltage transfer function. The setup for such measurement is shown in Fig. 1 , and the resulting Bode diagrams are presented in Fig. 9 . The diagram exposes the lumped-parameter expected behavior for the frequency below 200 kHz, and some resonance effects not common to lumped parameter circuits above this frequency. The distributed parameter network frequency response is easier to study in diagrams with linear scale, which is presented in Fig. 10 . In the diagram of Fig. 10 , resonances at odd multiples of 3.18 MHz could be observed both in the amplitude and in the phase response plot. Discontinuities in the phase response plot are caused by the adjustment of the computed phase to (−π, π] range, and if a continuous function representation is preferred it could be provided by a program that smooths the curve by appropriate adding or subtracting multiples of 2 π.
Having the setup readily available, the transfer function frequency response is recorded for the transmission line terminated by the characteristic impedance, which is presented in Fig. 11 . Flat amplitude response and linear phase response corresponding to the constant group delay could be readily observed. 
V. CONCLUSION
In this paper, an automated system for frequency response measurement based on free software tools is presented. Both immittance and transmittance measurements are covered by the algorithm and in the examples. The algorithm is based on the Fourier analysis limited to the first harmonic, and it is quite different than the algorithm used in manual measurements. The proposed algorithm takes into account all of the signal samples within one period, improving the noise immunity. Methods for the time scale and vertical scale adjustment aiming maximal resolution are described. The algorithm that processes the waveform samples is described, with an emphasis on phase computation. Application of the method is illustrated on four examples, two transmittance and two immittance frequency response measurements, covering electrical and electromechanical systems, with lumped and distributed parameters. The system is proven to be able to reveal influence of parasitic effects like equivalent series resistance of inductors and electrolytic capacitors, mechanical resonance of a loudspeaker membrane, and resonance sequence on the open transmission line. Proposed system is entirely based on free software, and the programs are freely available at [15] .
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